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[57J ABSTRACT 

A personal computer (PC) incorporates a speaker/ 
microphone peripheral, which includes a digital-signal- 
processor (DSP) based acoustic echo canceler and supports 
a plurality of modes of operation. One mode is a video/ 
tdecommunications mode. In this mode, the acoustic echo 
canceler is enabled and the speaker/microphone peripheral 
provides a monaural dual speaker and microphone for use in 
video, internet telephony, etc.. communications. Another 
mode of operation is a multi-media, or wide-band stereo, 
mode. In this multi-media mode, the acoustic echo canceler 
is disabled and the stereo loudspeakers provides high fidelity 
stereo output signals. In addition, in this latter arrangement 
an optional sub-woofer may be additionally coupled to the 
stereo loudspeakers. The speaker/microphone peripheral 
switches between the operating modes by detecting a pre- 
defined sequence of dual-tone-multi-frequency (DTMF) 
digits. The DTMF sequences are played from wave-type 
files stored on the PC. 

34 Claims, 6 Drawing Sheets 
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INTELLIGENT ACOUSTIC SYSTEMS 
PERIPHERAL 

CROSS-REFERENCE TO RELATED 5 
APPLICATIONS 

Related subject matter is disclosed in the copending, 
commonly assigned. U.S. patent applications of Yu, entitled 
"Video and Audio Answering Machine," Ser. No. 08/690, 1Q 
43 1. filed on JuL 26, 1996; Brown et aL entitled 'Intelligent 
Acoustic Systems Peripheral " serial No. XXX. filed on Oct 
4. 1996; and Brown et aL, entitled 'Intelligent Acoustic 
Systems Peripheral," serial No. XXX, filed on Oct 4, 1996. 

BACKGROUND OF THE INVENTION 15 

The present invention relates to acoustical systems for use 
in personal computers workstations, or telephony systems. 

In today's world, the availability, and access to, "multi- 
media*' type communications is on the rise. For example, the 20 
ability to see and hear someone while communicating over 
telephone lines is no longer limited to specially designed 
video telephones. Such technology is now available by the 
use of a personal computer (PC), or workstation, specifically 
configured with a camera, a video capture board, and a 25 
speaker/microphone. For example, see U.S. Pat. No. 5,524, 
110 issued Jun. 4, 1996, and entitled "Conferencing over 
Multiple Transports," and the commercially available 
"ProShare" system from the Intel Corporation. These sys- 
tems enable the calling and called parties to both see and 30 
hear each other. In fact, the above-mentioned U.S. Patent 
describes other types of PC-based services such as a video 
answering machine. 

In such PC-based video telephony, or video conferencing, 
systems, a dedicated separate speaker and microphone sys- 
tem is used to enable hands-free full-duplex voice commu- 
nications between the calling party and the called party 
during the video call. Unfortunately, if a user of a PC 
incorporating video telephony hardware also wants to sub- 
sequently listen to stereo music played from a CD-ROM 40 
peripheral of the PC an extra set of speakers is required. In 
other words, if a user wants to have both PC-based video 
communications and listen to computer-based multi-media 
applications — separate speaker arrangements are necessary. 

45 

SUMMARY OF THE INVENTION 

A sound system that uses in-band signaling to select one 
of a number of operating modes. 

In an embodiment of the invention, a PC incorporates a 50 
speaker/microphone peripheral, which includes a digital- 
signal -processor (DSP) based acoustic echo canceler and 
supports a plurality of modes of operation. One mode is a 
video/telecommunications mode. In this mode, the acoustic 
echo canceler is enabled and the speaker/microphone 55 
peripheral provides a monaural dual speaker and micro- 
phone for use in video communications. Another mode of 
operation is a multi-media, or wide-band stereo, mode. In 
this multi-media mode, the acoustic echo canceler is dis- 
abled and the stereo loudspeakers provides high fidelity 60 
stereo output signals. In addition, in this latter arrangement 
an optional sub-woofer may be additionally coupled to the 
stereo loudspeakers. The speaker/mi cropho oe peripheral 
switches between the operating modes by detecting a pre- 
defined sequence of dual-rone-multi-frequency (DTMF) 65 
digits. The DTMF sequences are played from wave-type 
files stored on the PC. 



2 

BRIEF DESCRIPTION OF THE DRAWING 

FIG. 1 shows an illustrative system-level block diagram 
of a speaker/microphone peripheral in accordance with the 
principles of the invention; 

FIG. 2 shows an illustrative pictorial diagram of a 
speaker/microphone peripheral in accordance with the prin- 
ciples of the invention; 

FIG. 3 shows an illustrative block diagram of a speakerV 
microphone peripheral in accordance with the principles of 
the invention; 

FIG. 4 shows a more detailed illustrative circuit-level 
block diagram of a speaker/microphone peripheral in accor- 
dance with the principles of the invention; and 

FIG. 5 shows an illustrative method for use in detecting 
an in-band DTMF-based signal; 

FIG. 6 shows an illustrative software architecture use in 
implement steps 505 and 510 of FIG. 5; and 

FIGS. 7 and 8 show examples of using an "applet" to 
change operating modes. 

DETAILED DESCRIPTION 

As used herein, the term 4< telecommunication$ n means 
hardware and/or software involved in the communications 
(video and/or audio) between at least a calling party and a 
called party. In comparison, the term "computer-based 
multi-media applications" means all other hardware and/or 
software that cause acoustical signals to be generated by a 
speaker system or received by a microphone. For example, 
the above-mentioned playing of a song from a CD-ROM 
peripheral of a computer is considered to be a computer- 
based multi-media application notwithstanding the fact that, 
essentially, this particular application only plays audio from 
the CD-ROM. 

Also, it should be noted that since the inventive concept 
is concerned with an acoustical system that operates in a 
plurality of different modes, such as a telecommunications 
mode, or a multi-media mode, specifics as to telecommu- 
nications hardware/software or particular multi-media appli- 
cations are not described herein since such descriptions are 
not necessary to understanding the inventive concept. 

An illustrative system-level block diagram of a speaker/ 
microphone peripheral in accordance with the principles of 
the invention is shown in FIG. 1. PC 100 comprises CPU 
130 and display 110. bom of which represent the core- 
element of a PC as known in the art. For example, CPU 130 
is a pentium-based processor and includes: volatile and 
non-volatile memory such as read-only memory (ROM) and 
random access memory (RAM), non-removable magnetic 
media such as hard disk space as known in the art and the 
ability to accommodate removable media such as floppy 
disks, CD-ROMs, etc. In addition CPU 130 includes a 
keyboard (not shown) and other pointing devices like a 
mouse. Display 110 represents a monitor for displaying 
information as known in the art and the video system for 
controlling the monitor. It is assumed that CPU 130 is 
running a disk-based operating system such as Windows 95 
available from Microsoft Corporation. Finally, sound board 
125 is, e.g.. a soundblaster compatible sound board for 
providing audio signals (or line-in signaling) 136 to speaker 
system 135 and for receiving microphone signal 137 (or 
line-out signaling). Although not shown separately in FIG. 
1, speaker/microphone system 135 includes a pair of speak- 
ers and a directional microphone included within one of the 
speakers enclosures. 

The remaining elements of PC 100 for the purposes of this 
example are assumed to be a part of the video processing 
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system coupled to CPU 130 via bus 131. The video pro- party and a called party. Ia this mode, the audio bandwidth 
cessing system includes camera 105. video communications is standard telephony: 3.2 kHz (kilo-hertz) and echo can- 
board 115, and co mmuni ca ti ons interface 120. Camera 105 ceUation is enabled. The speakers provide a mono, or 
and video communications board 115 are illustratively part monophonic. operation. 

of the "Desk Top Video Phone product" from the Intel « ~ • . K . , . . , 

corporation and also known as "ProShare." Communica- ™* ™^T? telecornmuiucahons mode is simikr to the 

^mt^actmisrcptzscn^ycofanyoncofaaun^ narrow-band tc^mmunications mode except that the 

of communications interfaces such as an analog modem, autUo bandwidth 15 ^tended to 7 kHz. In this mode of 

ISDN, or local area network (LAN) interface. Communica- operation, echo cancellation is enabled. The speakers pro- 

tions interface 120 transmits to. and receives from, a far-end Vldc a mono * or monophonic. operation, 

a digital signal incorporating picture and audio information 1 Upon power up, DSP 250 examines the state of two 

via communications channels 17. The far-end could be jumper pins (not shown) to determine the default mode of 

located on a switched network (such as the public-switched- operation. (Obviously, these two jumper pins provide for a 

telephone-network (PSTN)), LAN. etc. (not shown). maximum of four default modes of operation. However, 

Turning now to FIG. 2. the latter shows a pictorial only three are available in accordance with Table One.) It is 
representation of the illustrative embodiment described 15 assumed that the multi-media mode of operation is the 

herein. Spealker/microphone system 135 includes main default mode. 

speaker 134, satellite speaker 133. and an optional sub- As C an be observed from the above, the modes of opera- 
woofer 132. Microphone 139 is mounted within main tion can be characterized as either "multi-media" or 
speaker 134. Microphone 13S> is preferably a directional 'nelecornrniuiications." with the essential difference being 
microphone such as the DM 1000 available from Lucent 20 the enabling of an echo canceler in telecommunications 
Technologies. The directional microphone is physically con- rao de. As such, the initial description of the elements of FIG. 
figured to reduce acoustic coupling from the speakers. 3 will be in the context of either a multi-media mode or a 
(Additionally, directional microphone technology is telecommunications mode of operation, 
described in VS. Pat No- 5226J076. issued Jul 6. 1993. to Switch M5 rf mG 3 is undcr mc ^ DSP 250 via 

nt^n^^ COfltrol 251' ™* ^er causes switch 265 to provide 

Wy; and US. Pat 5 21.426. issued Juil 9. 1992, to mmnt signaling ^ a of cithcr a mul ^ racdia 

Baumhauer et aL. entitted;i^pea^g Telephone Station mode „ a I^com^umcations mode. (Alternatively, switch 
Including Direction al Microphone.-) u$ is ^ flfi a „ selectQf „ u ^ ia ^ J y u ^ 
An illustrative block diagram of speaker/microphone sys- co^t 0 f this description, control signal 251 is assumed to 
tern 135 is shown in FIG. 3. It should be noted that to represent a binary digit ("bin, where one value of the 
highlight the inventive concept. FIG. 3 represents a simpli- binary ^ ^ ass0 ciated with a multimedia mode of opera- 
tied block diagram, which will be described below. A more ^ and mc other value of the binary digit is associated with 
detailed circuit-level block diagram of the components of a telecommunications mode of operation. (Additional modes 
speaker/microphone 135 is shown in FIG. 4. Other than the could be easily accommodated by simply enlarging this 
inventive concept the components shown in FIGS. 3 and 4 control bus to include more bits. However, as observed from 
are well-known and will not be described in detail. In Tab i e One above, the number of operating modes is not 
accordance with the principles of the invention, speaker/ restricted by the number of control bits on this control bus.) 

system 135. Although numerous different types of modes ^ T ec T . . . /. 6 ? . F y ^ 

ciuld be defined fcr ^eato/microphooe syste£l35. for the ^^±^^^^7 7* ° 

purposes of this description ft is turned that the foUowing Tt %? ™ ^ ™^™P™« output 

KMe modes ouT If ?. * ™\ *** b > 6 e »^f mKrophone 

45 signal 137 from codec/amplifier output signal 261. 

TABLE One *° **^* lt °^ * C a * )0VC opcrati 011 *! modes, a brief overview 

of the operation of speaker/microphone 135 is now pro- 
Mode of Operatbo vided. Audio signals 136 are applied to balance input 

— amplifier(s) 205. which provides output signals to a multi- 

oanow-baixi telecomxmmicaticns media processing portion and a telecommumcations pro- 

wide-banl tefecommunicatioos cessing portion. Hie multi-media processing portion com- 
— ^— — — _ _ prises multi-media amplifier system(s) 210. summer 215, 

_ . . . L _ sub-woofer 225. low-frequency speaker(s) 240. and 

Transition between the above-defined modes of operation switches 220 and 235. In contrast, the telecommunications 

is described further below. (In this context, the mode of 55 processing portion comprises <x>dec/amplifier 230 and a 

operation represents a "state" of speaker/miCTophone system portion of DSP 250 (described below). As described above, 

135 This state could be represented. e.g., by a value of a depending on the operational mode, either output signaling 

predetermined variable, or register, within DSP 250). Each ^ me telecommunications processing portion or the 

of these modes will now be briefly described. multi-media processing portion will be selected by switch 

The "multi-media" mode of operation provides a wide- « 265 for application to switch 270. (Again, to avoid 

band stereo capability. This mode of operation enables confusion, it should be recalled that FIG. 3 is a simplified 

speaker/microphone system 135 to support "computer-based block diagram of FIG. 4. For example, balance input 

multi-media applications" like the above-mentioned amplifiers) 205 is representative of two balance input 

CD-ROM player. In this mode of operation, echo cancella- amplifiers for the left and right channel as shown in FIG. 4). 

tion is disabled. 63 It sho ^ d ^ notcd mat ^giial 251 is also shown as 

The narrow-band tdecommunications mode, as the name applied to headphone detect circuitry 245. In effect the 

implies, is useful for communications between a calling control signal is logically 44 ORed" with signaling from 
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headphone detect circuitry 345 to additionally disconnect A noted above, a default mode of operation is provided by 
sub-woofer 225 during the telecommunications mode. a set of jumpers (not shown). However, during operation, a 
In either a multi-media mode ox a telecommunications simple method is proposed to allow any application, or the 
mode, the signaling applied to switch 270 generates acous- user, to switch between the various modes of operation. In 
deal signals in one of two fashions depending on the 5 particular. DSP 250 monitors the received audio signal (via 
presence of headphones 275. When headphones 275 are not codec/amplifier 230) for a specific DTMF (dual-tone-multi- 
present, the acoustical signals are generated by speakers/ fluency) sequence, which controls the mode and operation 
drivers 280 and (if present and enabled) sub-woofer 225. In 0 f spcakcr/microrAone 135. In other words, in-band signal- 
contrast when headphones 275 are present, switch 270 j ng ^ usc ^ to sw jtch modes since the audio, or acoustical 
switehes me audio output from speakers/drivers 280 to 10 s ^ nah convcy ^ signaling, (Generally 
phones 275. ^diuonally h^dphone detect circuitry spcaking . io^band signaling can be defined as using a portion 
245 ^ disconnects ; sub-woofer 225 from the audxo system, v* 0 ?^* dwidth 0 fan info^ation-bearing signal to convey 
switch 220. and causes the output signaling from multi- .. . r » . . , . ^ , . ,. 
media amplifier system 210 to bypass low-frequency peak- ***** mformaUon ) Advantageously, .n-band scaling 
i i . <*a* . . # . Zt. u ia w ; iTT\ docs not require an additional interface between the com- 
ing element 240. via switch 235. (It should be noted that r . ^ . , . . ^ ^ ^ 

— A . ^.^t^. nf ^ . m . . 15 puter and speaker/microphone 135 other than the audio 

sw tch 270 is representative of the traditional mechanical f ^Z&und line-out signals. In fact, in-band sig- 

switching element used today to switch between headphone 7^ ^ / V "7 m 

d oeake F 1 th h " al ^aung allows the use of stored audio wave files ( .wav ) as 

SSf£ JiSS^^Z^JlS f « h 55,; j;^^ jgK: 2 

270. In contrast, headphone detect circuitry 245 is an _ ^ 7, 7 '^^. s . TT ""6"°" 

additional detection dement that electrically detects the 20 ^ tttd , J?f ode ^^thout the use of specialized 
presence of headphones 275.) dnvers. This method would be also be operatmg system and 

r r platform independent, 

As can observed from FIG. 3, headphone detect circuitry rt , 

245 provides a signal to DSP 250. This signal alerts DSP 250 ° DCC P° were t" P ' ^ has } C s * gnal f T m Used to 

when headphones are inserted or removed so that in a „ cntereactl ' onc ? f m f ^ ^ of operation. Upon receipt 

telecommunications mode, e.g.. narrow-band or wide-band, 25 °f » audio s * aal containing one of the three in-band 

the echo canceler coefficients are reset, or retrained, due to s, S nals ; °P cra ^ 0D speaker/microphone 135 changes to the 

a different acoustic transfer function. respective mode of operation. 

Turning now to the microphone-side of speaker/ To prevent extraneous changes of states, but to allow 

microphone 135. similar generalizations can be made M reliable detection of these in-band signals in the presence of 

regarding a multi-media portion and a telecommunications relatively large amounts of other signals (such as might be 

portion. Microphone system 255 applies signaling to codec/ currently playing when the mode change is requested), some 

amplifier 260. The latter element, along with a portion of special considerations need to be given to the design of the 

DSP 250 (described below), represents the telecommunica- ™ d mc decoder used to detect them. Illustratively, 

tions portion. In terms of the multi-media portion, micro- 35 use of umF ^ its ^ B < c « ^ D - make-up the basic 

phone system 255 simply directly applies an output signal to symbols of the messages used for in-band signaling. (DTMF 

switch 265. The latter, as noted above, selects either the signaling itself is well-known and will not be described in 

codec/amplifier output signal 261, or the microphone system detail * Generally speaking, industry-defined DTMF digits, 

256 output signal, as the source of microphone signal 137 in 01 symbols, are made up of a pair of frequencies known as 

accordance with the respective mode of operation. M a row frequency mid a column frequency (also known as a 

Turning briefly to FIG. 4, the latter shows a more detailed l ™ frequency and a high frequency) which make up a table 

block diagram of the components of speaker/microphone of Permissible frequency pairs for use in generating DTMF 

135. like numbers in FIG. 4 refer back to the numbers used tones -) 

in FIG. 3. Numbers of the type '710-1" and "210-2" reflect As known in the art in normal DTMF signaling by a 

the fact that in actuality the left and right channels are 43 telephone the microphone is usually muted. This results in a 

separately processed as shown. Although not shown for pure set of tones with relatively little energy outside of the 

simplicity, power for the unit is provided a wall-mounted expected DTMF low and high tones. Most DTMF decoders 

transformer. measure both the low and high tone energies, as well as the 

In order to support a telecommunications mode of energy at other frequencies to determine if the signal is 

operation, DSP 250 in conjunction with codec amplifiers 50 cnou gh. This is to prevent talk-off, a condition where 

230 and 260 comprise a sub-band echo canceler for reducing s P GCch fa mistaken for a DTMF digit, 

loudspeaker to microphone coupling. The audio bandwidth In contrast, speaker/microphone 135 receives the in-band 

is standard telephony: 32 kHz (kilo-hertz). Sub-band acous- signaling information through the line-in port As such, 

tic echo canceler technology is well-known as represented reception of DTMF signals may occur in the presence of 

by U.S. Pat. No. 5,548,642. issued Aug. 20, 1996 and 55 other signals (e.g., if a song from a CD-ROM is currently 

entitled *K)ptimization of adaptive filter tap settings for being played) and another method of reliable DTMF detec- 

sub-band acoustic echo cancelers in teleconferencing." tion must be used to ensure against the occurrence of 

Although a full-band echo canceler is an alternative talk-off. This new method of reliable DTMF detection is 

approach, a sub-band echo canceler converges faster in the described next 

presence of speech.) In the wide-band telecommunications 60 To prevent talk-off using in-band signaling, a strict 
mode, the audio bandwidth is increased to 7 kHz. sequence of four DTMF digits is used. The first three DTMF 
As a result of the above, a multi-media mode of operation digits, with a strict timing relationship, are used as a 
provides audio stereo capability via speakers/drivers 280 for preamble, or header, to activate the reception of the fourth 
any computer-based multi-media applications. Conversely, a DTMF digit This fourth digit then determines the appro- 
telecommunications mode of operation provides a monaural 65 priate mode of operation. Although there may be several 
dual speaker and microphone with DSP-based acoustic echo *Yalse detections** of DTMF digits, or even the Intentional 
canceler. use of DTMF digits by applications for other purposes, lab 
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testing suggests the occurrence of the exact sequence with The decoder block. 615, is the third block. This block 
the exact timing relationships is not likely. compares the outputs of the low pass filters to a threshold. 

Illustrative, the DTMF pre-amble. or header, is the DTMF This threshold has both fixed and variable components to 
sequence "CAD" at 100 milli-second (ms) intervals, with no allow for a wide dynamic range of input signals. The 
intervening silence. The fourth DTMF digit is either A, B, or 5 variable component is the sum of me lowest three values of 
C This last DTMF digit determines the appropriate state. mc low filters. To this is added a fixed component to set 
The entire sequence takes exactly 400 ms (four DTMF digits a min i mum threshold level allowable. It also makes sure that 
multiplied by 100 ms per digit). (It should be noted that more bo™ * e row and column signals corresponding to A-D are 
than one type of header could be used, with, e.g., different valid - block is implemented as a separate subroutine 
headers indicating different types of operations like testing 10 a °d 15 executed only on 25 ms intervals, 
etc.) A summary of the modes and the associated DTMF The final block, 620, does string decoding. It looks at the 
sequences is shown in Table Two, below. last 300 ms of outputs of the decoder block and determines 

if the proper sequence of signals with the proper timing 
relationship has been seen. i.e.. the header. If this is true. 
15 then the appropriate number. 1 through 3 is returned depend- 
ing on the current string being decoded. 

The in-band signals initially have an amplitude of -16 dB 
relative to the peak signal level of the analog/digital (A/D) 
and digital/analog converters (not shown). Tht symbols 
A method for use in a DTMF detection system is shown 20 should continuous, with no instantaneous phase changes 
in FIG. 5. This method is implemented using DSP 250 and wncn & oin & from ODC symbol to another in cither the high 
codec/amplifier 230. In step 505. DSP 250 monitors the frequency or the low frequency. 

input signal for a DTMF symbol. Upon detection. DSP 250 As noted above, changing modes can be effected by 
goes to step 510 to compare the previous three DTMF ^ simply playing a **wave file." that generates the appropriate 
symbols (received in the previous 300 ms) against the DTMF sequence. This wave file can played in any number 
predefined header. If there is no match, DSP 250 returns to of ways by the user. For example, a small program, or 
step 505 to monitor for the next DTMF digit. On the other "applet," can be used to switch modes. Assuming a Win- 
hand, if there is a match, DSP 250 switches to the respective dows 95 operating system (with an associated mouse as a 
mode in step 515 using the currently received DTMF ^ pointing device), an icon representing this applet is present 
symbol. The respective modes are indicated in Table Two on the task bar. Selection of this icon by right-clicking with 
(above). As described previously, each mode causes DSP the mouse causes a pop-up menu to appear. This pop-up 
250 to alter the signal processing of the audio and micro- menu allows the user to select the desired mode. A selected 
phone signals. For example, multi-media mode causes DSP menu item causes the appropriate in-band signal to be 
250 to control switch 265 to provide audio from the multi- 35 played. Illustrative views of such a desktop control are 
media portion of speaker/microphone 135. This switches shown in FIGS. 7 and 8. 

out, or disables, the echo canceler function provided by DSP Alternatively, the application itself can cause the appro- 
250 and thereby removes echo cancellation of the audio priate in-band signal to be generated. For example, an 
signal provided to the speakers. In addition, in this mode the application program can play the appropriate wave file at 
microphone signal is take from microphone system 255 of ^ start-up and restore the computer back to the previous state 
FIG. 3 (or, alternatively. FIG. 4). upon exit For example, upon execution of an application 

As noted, the DTMF detection is provided by DSP 250 that enables video conferencing, the video conferencing 
and codec/amplifier 230. Software coding of this DTMF application can first play a wave file to switch speaker/ 
detection system can be Illustratively divided into four basic microphone system 135 to a telecommunications mode of 
blocks as shown in FIG. 6. These four blocks correspond to 45 operation. When finished, and just before exiting, this same 
steps 505 and 5 10 of FIG. 5. DSP 250 implements an application can play a wave file to restore the computer to a 
in-band receiver as a subroutine that is called once every 125 multi-media mode of operation — all performed without user 
microseconds in either an 8K sample mode of operation or intervention. 

a 16K sample mode of operation. The subroutine returns the it should be noted that in accordance with a feature of the 
value 0 each sample period if nothing is detected. A value of 50 invention, the use of two speakers in a video conferencing 
I though 3 is returned when the sequences CADA-CADC arrangement splits the mono signal. (Assuming of course, 
have been detected, respectively. The same value will be the speakers are properly physically arranged.) The net 
returned for each subroutine call for a period of at least 25 effect from a human factors point of view is a centering of 
ms and possible up to approximately 100 ms at the end of the acoustic image. It is further proposed that the well- 
each detected signal. This value can be used by the DSP code 55 known "Haas effect^ also known as the precedence effect") 
to make the appropriate changes in state. be utilized by DSP 250 to reduce power to main speaker 134, 

The first block, 605, is the energy detection filters. These yet retain a centered acoustic image. In particular, micro- 
consist of a bank of five sixth order elliptic DR filters phone 139 is closer to main speaker 134 since both are 
(infinite impulse response filters) at the four column fre- incorporated within the same enclosure. As a result, the echo 
quency and the fourth row frequencies of a DTMF table. 60 canceler has to, so-to- speak, work harder to remove echoes. 
This stage also provides some loss to help prevent satura- However, by bleeding energy to satellite speaker 133 and 
tion. Specification are for a 20 Hz bandwidth centered at then using the Haas effect— echo cancellation is improved 
each DTMF frequency, with at least 40 dB of rejection at and the acoustic image is still centered. (As defined in the 
100 Hz away from each center frequency. The next block. "Audio Dictionary" by Glenn D. White, University of Wash- 
610, provides rectification and low pass filtering, along with 65 ington Press, 1987, the Haas effect also called the prece- 
further loss. This provides a signal corresponding to the dence effect, is related to the localization of the apparent 
envelopes out of die five filters. sonic image when the same signal is presented to the two 
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ears at slightly different times.) Id other words, providing 
more energy to the satellite speaker moves the acoustic 
image off-center to the satellite speaker. However, adding an 
experimentally determined time delay to the satellite speaker 
path moves the acoustic image back toward center. 5 

The foregoing merely illustrates the principles of the 
invention and it will thus be appreciated that those skilled in 
the art will be able to devise numerous alternative arrange- 
ments which, although not explicitly described herein, 
embody the principles of the invention and are within its 10 
spirit and scope. 

For example, other applications of the inventive concept 
are possible such as hands-free telephony Chat delivers 
high-quality digital multi-media content over twisted pair or 
LAN wiring. Also, the inventive concept is equally appli- 13 
cable to a sound system with different operating modes. 
Indeed, the inventive concept can be applied to changing the 
mode or state of the computer system or, cquivalently, 
another component of the computer system. As used herein, 
"changing the mode of the computer system* 1 means chang- 
ing the mode of the, e.g.. motherboard, or another compo- 
nent of the computer system, e.g.. another type of interface 
board. 

Also, although the above embodiment was illustrated in ^ 
the context of in-band signaling in the context of an audio 
signal, other forms of signaling could be used such as 
coupling the speaker system through the keyboard 
connector, where a particular set of keyboard commands 
would be used to indicate the above-described mode 
changes. Alternatively, mode information could be directly 
sent to a speaker system via the "universal serial bus** (USB) 
currently being proposed in the industry for coupling periph- 
erals to a computer. In addition, the above-mentioned echo 
canceler subsystem used in full-duplex voice communica- 35 
tions could be located on a sound board of the PC. wherein 
it could be enabled or disabled in accordance with the 
principles of this inventions. 

What is claimed: 

1. A sound system comprising: ^ 
a speaker arrangement for providing acoustical signals; 

and 

a processor for detecting from an electrical representation 
of the acoustical signals in-band signaling for selecting 
one of a number of operating modes for the sound 45 
system. 

2. The apparatus of claim 1 wherein the processor controls 
the speaker arrangement to produce said acoustical signals. 

3. The apparatus of claim 1 wherein the operating modes 
include at least a telecommunications mode and a non- 50 
telecommumcations mode. 

4. The apparatus of claim 1 wherein the speaker arrange- 
ment comprises a main speaker mounted into a main speaker 
housing and a satellite speaker mounted into a satellite 
speaker housing, and wherein the processor is incorporated 55 
within the main speaker housing. 

5. The apparatus of claim 3 wherein the main speaker 
housing incorporates an audio interface line-in port, and 
wherein the processor receives the in-band signaling via said 
line-in port 60 

6. The apparatus of claim 1 wherein the processor is 
included on a sound board for insertion into a workstation. 

7. The apparatus of claim 1 wherein the in-band signaling 
comprises a predefined sequence of dual-tone-multi- 
frequency (DTMF) signals and the processor further com- 65 
prises a DTMF detector for detecting the predefined 
sequence of DTMF signals. 



8. The apparatus of claim 1 wherein the in-band signaling 
comprises a predefined sequence of DTMF signals and the 
processor further comprises: 

a DTMF processing dement responsive to a received 

signal for providing an estimate of a DTMF signal 

received in a time interval T; and 
a sequence detector responsive to N DTMF estimates for 

selecting one of the number of operating modes, where 

N>0. 

9. The apparatus of claim 8 where the sequence detector 
is responsive to the most recent N DTMF estimates for 
selecting the one of the number of operating modes. 

10. The apparatus of claim 8 where the sequence detector 
is responsive to a previous K received DTMF estimates for 
matching a predefined preamble and then selects one of the 
number of operating modes as a function of the Nth received 
DTMF symbol subsequent to a preamble match, where 
K<N. 

11. Apparatus comprising: 

a computer system adapted for executing programs such 
as telecommunications-related programs and other 
non-telecoinmuiucations-related programs; and 

a sound system responsive to in-band signaling received 
from the computer system for selecting one of a num- 
ber of operating modes, where at least one operating 
mode is used for the tdecomxnuni cations-related pro- 
grams and another operating mode is used for the 
non-telecommunications-related programs. 

12. The apparatus of claim 11 wherein the in-band sig- 
naling comprises a predefined sequence of dual-tcne-multi- 
frequency (DTMF) signals and the sound system further 
comprises a DTMF detector for detecting the predefined 
sequence of DTMF signals. 

13. The apparatus of claim 12 wherein the in-band sig- 
naling comprises a predefined sequence of DTMF signals 
and the sound system further comprises: 

a processing element responsive to a received signal for 

providing an estimate of a DTMF signal received in a 

time interval, T t and 
a sequence detector responsive to N DTMF estimates for 

selecting one of the number of operating modes, where 

N>0. 

14. Hie apparatus of claim 13 where the sequence detec- 
tor is responsive to the most recent N DTMF estimates for 
selecting the one of the number of operating modes. 

15. 'Hie apparatus of claim 13 where the sequence detec- 
tor is responsive to a previous K received DTMF estimates 
for matching a predefined preamble and then selects one of 
the number of operating modes as a function of the Nth 
received DTMF symbol subsequent to a preamble match, 
where K<N. 

16. A computer system comprising: 

a stored-program controlled processor; 
a sound system; and 
a storage system; 

wherein the stored-program-controlled processor causes 
at least one file representing acoustical information to 
be retrieved from the storage system for playback via 
the sound system such that upon playback the sound 
system switches to one of a number of operating 
modes. 

17. The apparatus of claim 16 wherein the stored- 
program-controlled processor causes the retrieval of the 
acoustical information as a result of a user selecting a 
program for execution. 
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18. The apparatus of claim 17 where the selected program 
is an applet stored on the storage system, 

19. The apparatus of claim 17 where the selected program 
is an applications program stored on the storage system. 

20. Apparatus for use in a computer for controlling the s 
state of a computer, the apparatus comprising: 

a sound system for playing acoustical signals; and 
a processing element for a) detecting control signals in an 
electrical representation of the acoustical signals, and 
b) selecting one of a number of operating modes for the 10 
computer as a function of the detected control signals. 

21. The apparatus of claim 20 wherein the control signals 
are represented by dual-tone-multi-frequency (DTMF) sym- 
bols. 

22. A method for use in a computer far controlling the 15 
computer, the method comprising the steps of: 

playing acoustical signals through a sound system of the 
computer; 

detecting in the acoustical signals control signals; and 20 
selecting one of a number of operating modes for the 
computer as a function of the detected control signals. 

23. The method of claim 22 wherein one operating mode 
for the computer is a telecommunications mode and another 
operating mode of the computer is a multimedia mode. 25 

24. The method of claim 22 wherein the operating mode 
for the computer controls an operating mode of the sound 
system. 

25. The method of claim 22 wherein the control signals 
are represented by dual-tone-multi-frequency (DTMF) sym- 30 
bols. 

26. The method of claim 22 wherein the detecting step 
further comprises the steps of: 

detecting a dual-tone-multi-frequency (DTMF) symbol in 
a time interval; 35 

matching N detected DTMF symbols to a predefined list 
of M DTMF sequences, where each one of the M 
DTMF sequences comprises N DTMF symbols; and 

selecting one of the number of operating modes that ^ 
corresponds to the matched DTMF sequence. 

27. The method of claim 26 wherein the matching step 
matches the most recent N detected DTMF symbols. 

28. The method of claim 22 wherein the detecting step 
further comprises the steps of: 



detecting a dual-tone-multi-frequency (DTMF) symbol in 
a time interval; 

matching K previously detected DTMF symbols to a 

predefined preamble sequence; and 
if a match occurs in the previous step, selecting one of the 

number of operating modes that corresponds to the 

current detected DTMF symbol 

29. A method for use in controlling a sound system, the 
method comprising the steps of: 

playing acoustical signals via the sound system; 
detecting in the acoustical signals a control signal; 
selecting a mode of operation of the sound system as a 
function of the detected control signal 

30. The method of claim 29 wherein one mode of opera- 
tion for the sound system is a telecommunications mode and 
another mode of operation for operation of the sound system 
is a non-telecommunications mode. 

31. The method of claim 29 wherein the control signal 
comprises at least one dual-tone-multi-frequency (DTMF) 
signal 

32. The method of claim 29 wherein the detecting step 
further comprises the steps of: 

detecting a dual-tone-multi-frequency (DTMF) symbol in 

a time interval; 
matching N detected DTMF symbols to a predefined list 

of M DTMF sequences, where each one of the M 

DTMF sequences comprises N DTMF symbols; and 
selecting one of the number of operating modes that 

corresponds to the matched DTMF sequence. 

33. The method of claim 32 wherein the matching step 
matches the most recent N detected DTMF symbols. 

34. The method of claim 29 wherein the detecting step 
further comprises the steps of: 

detecting a dual-tone-multi-frequency (DTMF) symbol in 
a time interval; 

matching K previously detected DTMF symbols to a 

predefined preamble sequence; and 
if a match occurs in the previous step, selecting one of the 

number of operating modes that corresponds to the 

current detected DTMF symbol. 



09/29/2003, EAST Version: 1.04.0000 



